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Abstract— The majority of traffic on the Internet uses the
Transmission Control Protocol (TCP) as a transport layer proto-
col for the end-to-end control of information transfer. Accurate
models of TCP performance are a key and basic step for design-
ing, dimensioning and planning IP (Internet Protocol) networks.
Packet-level simulation models do not scale with the growth
of network capacities and number of users. Measurements also
become very costly and inflexible with the growth and complexity
of the Internet. This study proposes a simple, fast and accurate
analytical model of TCP. The model gives Internet performance
metrics, assuming that only basic network parameters such as
the network topology, the number of users, link capacity, distance
between network nodes and router buffer sizes are known.

The TCP performance model derives performance metrics
which express the network quality of service. To obtain the
performance metrics, TCP and network sub-models are used.
A closed network of ./G/∞ queues is used to develop each
TCP sub-model where each queue represents a state of a TCP
connection. AnM/M/1/K queue is used for each network sub-
model which represents the output interface of an IP router
with a buffer capacity of K packets. The two sub-models are
iteratively solved.

Based on comparisons of our results withns2 simulation
experiments and with other results from a known TCP model,
our model is accurate, fast and simple.

Index Terms— Analytical models, quality of service, TCP, TCP
Tahoe.

I. I NTRODUCTION

TCP–Tahoe is one of the most commonly used variants
of TCP and is shown to out–perform the other variants of
TCP (see [8]). The congestion caused by bulk transfer of files
and FTP down-loads (called greedy or persistent TCP connec-
tions) is considerable. Therefore modeling greedy TCP-Tahoe
connections gives a good estimation of Internet performance
metrics.

This paper presents an analytical model to estimate the
performance of greedy TCP-Tahoe connections. Where no
confusion can arise, throughout this paper we use the term
TCP to refer to greedy TCP Tahoe connections.

This work is supported by grant numbers 2054027 and 2677 from the
South African National Research Foundation, Siemens Telecommunications
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The model is composed of an aggregate of several TCP
and network sub–models. Each TCP sub–model represents a
homogeneous group of TCP connections which refer to TCP
connections sharing common characteristics (the same TCP
version, comparable round trip times, similar loss probability,
the same value of maximum window size expressed in packets
and the like). The network sub–models represent the multi-
bottleneck links traversed by the TCP connections with one
network sub-model for each bottleneck link.

Each TCP sub-model receives an estimate of the packet
loss probability along the TCP connection routes, as well as
estimates of the queueing delays (RTT) at routers as inputs
from the network sub-models. It then produces estimates of
the load generated by the TCP connections in the group (TCP
sub–model) for the network sub-model(s).

The rest of the paper is organized as follows. The TCP
and network sub-models are presented in sections II and III
respectively. The model complexity is described in section IV.
The network topology used to validate our model is given
in section V and comparison withns2 and another analytical
model is given in and VI. Finally summary of the paper is
given in section VII.

II. T HE TCP SUB-MODEL

As in [2], [3], [5] we model the dynamics of TCP as
described in [6] using queueing theory.

The TCP model presented in this paper uses the notion [1] of
modeling TCP as a Markov chain together with some formulas
presented in [3] and [5]. This methodology yields a simple and
accurate model of TCP dynamics.

TCP is modeled as a closed network of./G/∞ queues,
where each queue represents a state of the TCP protocol and
each customer represents an active TCP connection.

The number of customers at a queue is the number of
TCP connections that are in the corresponding state. As there
is no limit to the number of connections in a given TCP
state, each queue is modeled as an infinite server. The service
times are given by a general distribution which depends on
the average round trip time (RTT) experienced by TCP flows
and TCP timeouts. The arrival process to the queues need



not be specified as only average arrival rates to the states are
needed to solve the queueing network and derive the metrics
of interest.

Where no confusion can arise, through out the paper we
use the terms state and queue interchangeably as each queue
in the model represents a state of a TCP connection.

The load generated by the TCP sub-model is derived
as follows. We first identify six TCP states. The transition
probabilities among the states are calculated using theSS and
CA window size distributions and other closed form formulas.
Closed form expressions are used to to find the probabilities
that TCP is in a given state with a specific window size value.
These probability values are the relative number of visits to
each queue with specific window sizes. Using these relative
visit counts and a retransmission probability distribution, the
effects of exponential back-off are obtained. The service times,
the times each TCP-connection spends in each state are
calculated. Using the service times and the relative number
of visits, the mean value analysis (MVA) algorithm is used
to obtain the average number of connections from which the
normalized arrival rate to each queue with a specific window
size is estimated. These arrival rates along with the average
number of packets offered by each queue with a specific
window size are then used to calculate the load offered to
the network sub-model. Thessthresh is also calculated from
the arrival rates.

A. The states of TCP connections

Analytical models of greedy flows usually disregard the
initial transient phase, assuming that the network quickly
operates at a steady-state (see chapter 20.7 of [6]). The states
which a TCP connection assumes in a steady-state are

• SS which models the TCP slow start state. This refers to
both transmission and retransmission of packets inSS.

• SSF which models the state where TCP waits for triple
duplicate ACKs when losses occur duringSS.

• SST which models the state where TCP waits for a
timeout to expire when losses occur duringSS. This refers
to both transmission and retransmission timeouts.

• CA which models the congestion avoidance state.
• CAF which models losses duringCA that trigger a fast

retransmit.
• CAT which models the detection of losses by timeout

during CA. This refers to transmission timeouts only as
retransmission timeouts where the window size is less
than or equal to 3 are modeled by theSST state.

Figure 1 presents a state transition diagram which is also
the queueing network model of TCP-Tahoe as each state is a
queue. Each node represents a state of a TCP connection. TCP
starts transmission in theSS state and remains in that state
increasing thecwnd value by 1 segment for each successful
transmission of a segment thus doubling thecwnd value every
RTT until ssthresh is reached. If an ACK signalling success
of the segment is not received within oneRTT then TCP
either goes to theSST state where it waits for a timeout
(TO) to expire or to theSSF state where it waits for a triple

CAF

CA

SS

CAT

SSFSST

Fig. 1. The state transition diagram of greedy TCP-Tahoe

duplicate ACK s (TD). Whenssthresh is reached, TCP moves
into the CA state and it remains in that state increasing the
cwnd by 1/cwnd for every ACK received thus increasing the
cwnd value by1 every RTT. If TCP is in theSSF, SST, CAT or
CAF states, it goes back into theSS state where the window
size is reduced to 1 (TCP-Tahoe) to re-transmit the lost packet.
The other transitions can be similarly explained. To derive the
transition probabilities between the 6 states , we will use the
symbols and formulas explained in the following section.

B. The packet loss probabilities

Let PL denote the packet loss probability obtained from the
network sub-model, letPLf

denote the loss probability of the
first packet in the active sliding window and letPLa denote
the loss probability of any other packet of the same window.

As explained in [2]–[4] TCP introduces correlations in
packet losses that have an impact on performance and conse-
quently on any TCP modeling process. The loss probabilities
PLf

andPLa describe the correlation among losses of packets
within the same congestion window wherePLa = αPLf

and
1 ≤ α ≤ 1/PLf

. As verified in [2]α is set tow (the average
congestion window size computed from the TCP model) to
model the increased correlation with the growth of the window
size. Due to lack of space the derivation ofPLf

is omitted –
see Appendix A of [7].

C. The transition probabilities

Let T = {SS, SST, SSF,CA,CAF,CAT } denote the set of
TCP states. Consider a stateAi ∈ T and amin ≤ i ≤
amax where i denotes the size of the congestion window.
The values ofamin and amax are given in Table I where
Wm is the maximum window size in packets.Wm = 64
packets in this study. LetP (Ai, Bj) denote the probability

SS SST SSF CA CAF CAT
amin 1 1 4 2 4 2
amax Wm/2 Wm/2 Wm/2 Wm Wm Wm

TABLE I

THE MAXIMUM AND MINIMUM WINDOW SIZE VALUES IN EACH STATE

that TCP goes from stateA wherecwnd = i to stateB where
cwnd = j. ClearlyP (SSTi, SSj), P (SSFi, SSj), P (CAFi, SSj)



andP (CATi, SSj) are all equal to 1 as TCP-Tahoe goes back
to theSS state every time a loss occurs. Due to lack of space
the derivation of the remainingP (Ai, Bj) is omitted – see
Appendix B.3. of [7].

D. The SS and CA window size distributions

Let π(A) andπ(Ai) denote respectively the probability that
TCP is in stateA and in stateAi.

In SS even though TCP doubles everyRTT it grows in a
continuous way as shown in [2]. Hence before growing to 4,
the window must assume the value 3 and keep such value for
at least 2 transmission times.

As defined above, the transition probabilityP (SSi, SSi+1)
is the probability of a successful increment of the window
size i by 1 in SS. The probabilityPSSi

of failure to increase
the window sizei by 1 in SS due to packet loss or because
ssthresh is reached is

PSSi
=

{
1 i = Wm/2
1 − P (SSi, SSi+1) 1 ≤ i < Wm/2.

(1)

Similarly the transition probabilityP (CAi,CAi+1) is the
probability of successful increment of the window sizei by 1
in CA. The probabilityPCAi of failure to increase the window
size i by 1 in CA is given by

PCAi =
{

1 i = Wm

1 − P (CAi,CAi+1) 2 ≤ i < Wm.
(2)

The SS window size distribution is given by

P (i | SS ) = P (cwnd = i | TCP is in stateSS )

=
i−1∏
w=1

P (SSw, SSw+1)PSSi
. (3)

for 2 ≤ i ≤ Wm/2 and P (1 | SS ) = PSS1
wherePSSi

is
given in Equation 1 above.

The CA window size distribution is based on the fact that
for long lived TCP connections at equilibrium, thessthresh is
reached quickly that TCP spends most of the time in theCA
states. This assumption does not consider the few transitions
from SS into CA in the derivation of theCA window size
distribution. However these transitions fromSS into CA are
accounted for in the derivation of the stationary probability
that TCP is in a given state as shown in the next section.
Numerical results given in chapter 7 of [7] show that the
above assumption has a small effect only in thecwnd size
and ssthresh distributions for a small number of active TCP
connections sharing the same link. Hence theCA window
size distribution is given by

P (i | CA ) = P (cwnd = i | TCP is in stateCA )

=
i−1∏
w=2

P (CAw,CAw+1)PCAi (4)

for 3 ≤ i ≤ Wm and P (2 | CA ) = PCA2 wherePCAi is
given in Equation 2 above.

E. The equilibrium probabilities

The transition probabilitiesP (A,B) are computed as

P (A,B) =

amax∑
i=amin

amax∑
j=amin

π(Ai) P (Ai, Bj)

π(A)

=

amax∑
i=amin

amax∑
j=amin

P (i | A) P (Ai, Bj) (5)

where theP (Ai, Bj) are given in Appendix B.3 of [7].
The stationary probabilitiesπ(B) that a TCP connection is

in stateB ∈ T , which is the set of TCP states described in
section II-A, are computed as

π(CA) = π(SS )P (SS, CA) + π(CA)P (CA, CA)

=
π(SS )P (SS, CA)

1 − P (CA, CA)
.

Since TCP has to be in one of the 6 states at a given time

π(SS )+π(SST )+π(SSF )+π(CA)+π(CAT )+π(CAF ) = 1 . (6)

Thus
π(SS )(1 + P (SS, SST ) + P (SS, SSF))

+ π(SS )P (SS,CA)

1−P (CA,CA)

(
1 + P (CA, CAT ) + P (CA, CAF )

)
= 1

π(SS )
(
1 + P (SS, SST ) + P (SS, SSF )

+ P (SS,CA)

1−P (CA,CA)
(1 + (1 − P (CA, CA)))

)
= 1

π(SS )
(
1 + P (SS, SST ) + P (SS, SSF ) + P (SS, CA)

+ P (SS,CA)

1−P (CA,CA)

)
= 1

π(SS )
(
1 + (1 − P (SS, SS )) + P (SS,CA)

1−P (CA,CA)

)
= 1.

Therefore

π(SS ) =
1 − P (CA, CA)

P (SS, CA) + (2 − P (SS, SS ))(1 − P (CA, CA))
.

The π(Bi) can now be obtained as follows.

π(SSi) = π(SS )P (i | SS ), 1 ≤ i ≤Wm/2
π(CAi) = π(CA)P (i | CA ), 2 ≤ i ≤Wm

TCP offers2 packets in each of theSSi, 2 ≤ i ≤Wm/2 states
and one packet inSS1. The loss of the first packet sent inSSi is
detected either by timeout (TO) or by triple duplicate ACK s
(TD) when the window size has grown to2i − 2 provided
ssthresh is not reached on. The loss of the second packet sent
in SS when the window size isi is detected when the window
size is2i− 1 providedssthresh is not reached on.

For example considerssthresh ≥ 4. If packet 1 is sent and
ACK 1 returns after oneRTT, cwnd = 2 and two packets 2
and 3 are sent back–to–back. If ACK 2 doesn’t return, the loss
of packet 2 is detected whencwnd = 2×2−2 = 2. If ACK 2
returns after oneRTT, cwnd = 3 and packets 4 and 5 are sent.
If at this stage ACK 3 doesn’t return, it means that the loss
of packet 3 is detected whencwnd = 2 × 2 − 1 = 3. Thus



the loss which is detected when the window size isi provided
ssthresh is not reached until the window grows toi is the loss
of the first packet which was sent when the window size was
(i + 2)/2 if i is even or the loss of the second packet which
was sent when the window size was(i+ 1)/2 if i is odd.

On the other hand even though the losses of the first and
second packets sent when the window size was(i + 2)/2 +
k, 0 ≤ k ≤ (i − 2)/2, i being even and(i + 1)/2 + k, 0 ≤
k ≤ (i− 1)/2, i being odd respectively are detected when the
window size is2((i+1)/2+ k)− 1 = 2((i+2)/2+ k)− 2 =
i+2k, transitions fromSS(i+2)/2+k andSS(i+1)/2+k into SSTi

or SSFi occur if there is a loss andssthresh is reached when
cwnd = i.

Therefore for1 ≤ i ≤Wm/2

π(SSTi) =

i∑
j=a

π(SSj) P (SSj , SSTi)

and for4 ≤ i ≤Wm/2

π(SSFi) =

i∑
j=a

π(SSj) P (SSj , SSFi)

where

a =
{

(i+ 1)/2, i is odd
(i+ 2)/2, i is even.

A transition intoCAT2 occurs only fromCA2. Hence

π(CAT2) = π(CA2)P (CA2,CAT2).

For all other values ofi a transition intoCATi or CAFi occurs
if either the first packet sent inCAi is lost or the first packet
sent inCAi−1 is successful and any of the other packets sent
in CAi−1 is the first lost packet. For details on these transitions
see Appendix B.3.3 of [7].

Therefore for3 ≤ i ≤Wm

π(CATi) = π(CAi−1) P (CAi−1, CATi) + π(CAi)P (CAi, CATi)

and for4 ≤ i ≤Wm

π(CAFi) = π(CAi−1) P (CAi−1, CAFi) + π(CAi) P (CAi, CAFi).

F. The effects of exponential back-off

Unlike the model of Garettoet al. [5], in our model the
exponential back-off and the other retransmission states are
built into theSS andSST states as shown in Figure 1 to reduce
the complexity and to obtain simple closed form expressions
for the SS andCA cwnd size distributions.

After a timeout loss in bothSS and CA TCP returns
to SS where the timeout value is obtained using Karn’s
algorithm (see [6]) during each retransmission. Define the first
transmission to be retransmission 0. A TCP connection which
starts inSS with cwnd = 1 goes to the (j+1)st retransmission
where0 ≤ j < C if the j th retransmission is not successful
and stays in thej th retransmission if thej th retransmission is
successful, whereC is the maximum number of consecutive
retransmissions allowed before closing the connection.C =

16 for TCP-Tahoe. The probability that TCP is in thejth
retransmission,0 ≤ j ≤ C is modeled as a geometric
distribution with parameterPSf

= 1 − PLf
(probability that

the first packet is successfully transmitted). LetPrtj denote
the probability that TCP is in thejth retransmission. Then

Prtj = (1 − PSf
)jPSf

.

Let π(SST j
i ) be the probability that TCP is in theSST state

when the window size isi, 1 ≤ i ≤ 3 in retransmissionj, 0 ≤
j ≤ C . Then

π(SST j
i ) = Prtjπ(SSTi) (7)

The effect of Karn’s algorithm and exponential back-off
ends and the retransmission index is reset to zero if the
two newly transmitted packets inSS2 after the successful
retransmission are also successful. If transmission of the first
or only the second packet is not successful, TCP goes to the
SST2 or SST3 state of that retransmission where the timeout
value is obtained from the exponential back-off using Karn’s
algorithm. After this timeout value expires TCP goes back to
SS1 of the same retransmission. Thus only thecwnd values1, 2
and 3 are required to deal with TCP’s exponential back-off.
This is shown in figure 2 of [5] where the transmission and
retransmission states are separately drawn.

The service times of each queue are described in the next
section.

G. The service times

Let τ(Ai) denote the time which TCP spends in state
Ai. These service times and their derivations are given in
Appendix C of [7] and Table 1 of [5] with the exception of
τ(SSTi) which is

τ(SSTi) =
{ ∑C

j=0 π(SST j
i )τ(SST j

i ) 1 ≤ i ≤ 3
τ(SST0

i ) i > 3

whereτ(SST j
i ) is service time of theSST state whencwnd = i

in retransmissionj. These values are also given in Appendix C
of [7].

The initial timeout valueT0 used in the calculation of
τ(SST j

i ) is given byT0 = max(3tick , 4RTT ) as is the case
in [3], [5]. The tick is the minimum amount of time that
separates non-self clocked TCP protocol operations. For1 ≤
i ≤ 3, τ(SSTi) is the weighted average of the service times
of theSSTi’s at each retransmission where the weights are the
probabilities of being in retransmissionj where0 ≤ j ≤ C of
the corresponding window size. The same idea is used in the
derivation of the load offered bySSTi given in section II-H
below.

Using the service times and the relative visit counts ex-
plained above, the mean value analysis algorithm (MVA) is
used to obtain the average number of connections in each
queue from which the normalized arrival rate to each queue
with a specificcwnd size is estimated. The MVA algorithm
has simple form expressions for closed queueing network of
infinite servers which is the case in our study.

At this stage thessthresh is calculated as shown in Ap-
pendix B.3.2 of [7] or section A of [5].



H. The load offered to the network sub-model

The aggregate packet load offered to the IP network by the
TCP connections in the different states is

Λ =
∑
AεT

Λ(A) =
∑
AεT

amax∑
i=amin

λ(Ai)L(Ai) (8)

where λ(Ai) are the arrival rates of connections to state
Ai obtained from the MVA . TheL(Ai) is the number of
packets offered from queueAi to the underlying IP network.
The L(Ai) are used in [5] and their derivations are given in
Appendix D of [7] with the exception ofL(SSTi) which is
given by

L(SSTi) =
{
L(SST0

i ) i = 1, 2, 4, 5, · · ·∑C
j=0 π(SST j

i )L(SST j
i ) i = 3

whereL(SST j
i ) is the load offered by theSST state when the

cwnd = i in retransmissionj. These values are also given in
Appendix D of [7].

III. T HE NETWORK SUB-MODEL

The network sub-model which focuses on the IP network
receives the traffic loadΛ packets/second collectively offered
by the TCP connections in different states (queues) from
the TCP sub-model. The network sub-model then uses an
M/M/1/K queue with a router buffer capacity ofK packets
and link capacity ofC packets/second (the loadρ = Λ/C)
to compute the expected number of customersEN and the
loss probabilityPL. Even though theM/M/1/K assumes
independent Poisson arrivals, the arrival rate given to our net-
work sub-model (M/M/1/K) is generated from our TCP sub-
model(s) which take into account the correlations in network
traffic and which stem from the closed-loop congestion control
algorithms implemented at the transport layer.

IV. T HE COMPLEXITY OF THE MODEL

To find end-to-end TCP performance metrics the TCP and
network sub-models are solved for each bottleneck link. Let
the number of bottleneck links beL and the number of TCP
sub-models for each bottleneck link beM . The complexity of
our model for the multi-bottleneck network isO(LM ) as the
simple closed form formulas have to be used for each TCP
sub–model at each bottleneck link.

The CPU time of thens2 simulation of our model increases
dramatically with the increase of the number of active TCP
connections, while it is almost independent of the number of
active TCP connections for our model. For thousands of TCP
connectionsns2 simulation experiments can not be computed
on a PC. For a single TCP–Network sub–model pair, the Polito
model (we refer to the model given in [5] as the Polito model)
is 2 to 4 orders of magnitude faster than thens2 simulation.
In the Polito model, a system ofNq linear equations has to be
solved at each iteration of the fixed point procedure.Nq is the
number of queues (states of a TCP connection) and depends
on Wm the value of the maximum window size andC the
number of consecutive retransmissions allowed before a TCP

connection closes. The complexity of Polito model for a multi-
bottleneck (realistic) network setup is thereforeO(LMN 3

q )
although the almost triangular nature of the system of linear
equations may reduce the complexity toO(LMN 2

q ).
Therefore the gain in CPU speed of our model is significant.

V. THE APPLICATION OF THEMODEL

The network topology is presented in [2], [3], [5]. It closely
resembles to the path followed by Internet connections from
the Politecnico di Torino (Italy) LAN to sites in Europe and the
USA. For these connections two scenarios, (1) when only the
5000 km long 45 Mb/sec MI-NY (Milan–NewYork) link is a
bottleneck and (2) when both this MI-NY and the 100 km long
10 Mb/sec POLI–TO (Politecnico–Turin) links are bottlenecks
are considered. The total length of connections crossing only
the MI–NY single bottleneck link varies from 5,400 to 11,600
km and that of the connections which cross both bottleneck
links varies from 5,351 to 8,960 km.

The user and ACK packet sizes are assumed to be 1024
bytes and 40 bytes respectively. Buffer sizes of 512 and
128 packets and the standard TCP tick value of 500 ms are
considered.

VI. COMPARISON WITH THEPOLITO MODEL AND NS2

Figure 2 compares the loss probabilityPL, the average
cwnd andssthresh as computed by our model against the Polito
model andns2 simulation experiment for the single bottleneck
link. Figure 3 compares the loss probability obtained by
our model against the Polito model and thens2 simulation
experiments for the multi–bottleneck links.N1 refers to the
total number of active TCP connections sharing the POLI-TO
link, 25% of which are assumed to cross the MI-NY bottleneck
link. N2 represents the total number of active TCP connections
sharing the MI-NY link.N2−0.25N1 of these connections are
represented by a separate TCP sub–model and cross only the
MI-NY single bottleneck link. IfPL1 andPL2 are the packet
loss probabilities of the MI-NY and POLI-TO links then the
packet loss probability,PL on the multi–bottleneck links is
PL = 1− (1−PL1)(1−PL2) = PL1 +PL2 −PL1PL2 . Given
the Polito network topology, this value is high as the packets
have to cross both bottleneck links.

From the figures it can be seen that our model gives
more accurate predictions of the loss probabilities than the
Polito model. It also gives accurate estimations of the average
cwnd and ssthresh values.

VII. SUMMARY AND FUTURE WORK

This paper presents a closed queueing network model for
the estimation of the performance of greedy TCP connec-
tions. The queueing network gives a detailed description of
the behavior of TCP-Tahoe connections and their interaction
with the underlying IP network. Numerical results for loss
probabilities, averagessthresh and cwnd sizes as a function
of the number of concurrent TCP connections for different
buffer sizes were obtained. The results were compared with
the ns2 package. When compared with the model given in



0.001

0.05

0.1

0 100 200 300 400

Lo
ss

 P
ro

ba
bi

lit
y

Number of Connections

Simulation model
Polito model

Stb1 model

(a) Packet loss probability of the
MI–NY single bottleneck link

0

5

10

15

20

25

30

0 100 200 300 400

A
ve

ra
ge

 w
in

do
w

 s
iz

e 
an

d 
ss

th
re

sh

Number of Connections

AvgW: Simulation model
AvgW: Stb2 model

AvgThr: Simulation model
AvgThr: Stb1 model

(b) Average window size and
ssthresh of the MI–NY single bot-
tleneck link

Fig. 2. Performance measures: the buffer capacity is 512 packets and the
TCP tic value is 500 ms

[5] (the Polito model) our model is faster and more accurate.
The low computational complexity of our modeling approach
will allow us to analyze thousands of connections and more
complex networking scenarios which cannot be simulated with
the ns2 package.

We are extending the techniques used in this study to dif-
ferent TCP implementations, to short-lived TCP connections,
to wireless links and to non-responsive UDP flows yielding
a comprehensive, accurate and fast Internet model with many
interacting TCP and UDP flows.
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[1] Å. Arvidsson, AE. Krzesinski. A Model of TCP Link. In15th ITC Spe-
cialist Seminar on Internet Traffic Engineering and Traffic Management,
Wurzburg, Germany, July 2002.

[2] M. Garetto, R. Lo Cigno, M.Meo, M.Ajmone Marsan. A Detailed and
Accurate Closed Queueing Network Model of Many Interacting TCP
Flows. InIEEE INFOCOM 2001, pages 1706-1715, Anchorage, Alaska,
April 2001.

[3] M.Garetto, R.Lo Cigno, M. Meo, M. Ajmone Marsan, Modeling short-
lived TCP connections with open multi-class queuing networks, COM-
PUTER NETWORKS, pp.153-176, February 2004.

[4] J. Padhye, V. Firoiu, D. Towsley, J. Kurose, Modeling TCP Reno
performance: a simple model and its empirical validation, IEEE/ACM
Transactions on Networking 8 (2) (2000) 133-145.

0.01

0.05

0.09

40 50 60 70 80 90 100 110

P
ac

ke
t l

os
s 

pr
ob

ab
ili

ty

N2

Simulation model
Polito model

Stb1 model

(a) N1 = 32

0.01

0.05

0.09

40 50 60 70 80 90 100 110

P
ac

ke
t l

os
s 

pr
ob

ab
ili

ty

N2

Simulation model
Polito model

Stb1 model

(b) N1 = 40

Fig. 3. Packet loss probability of the MI–NY and POLI–TO multi-bottleneck
links: the buffer capacity is 128 packets and the TCP tic value is 500 ms

[5] M.Garetto, R.Lo Cigno, M.Meo, M. A. Marsan, Closed Queueing
Networking Models of Interacting Long-Lived TCP Flows, IEEE/ACM
Transactions on Networking, Vol.12, No.2, pp. 300-311, ISSN: pp. 1063-
6692, April 2004.

[6] W.R.Stevens.TCP/IP Illustrated, Vol. 1. Addison Wesley, Reading, MA,
USA, 1994.

[7] D. F. Kassa, Fast and Accurate Closed Queueing Network Models of
TCP Performance, M.Sc. Thesis, Department of Computer Science,
University of Stellenbosch.

[8] B. Sikdar, S. Kalyanaraman and K. S. Vastola, “Analytic Models for the
Latency and Steady-State Throughput of TCP Tahoe, Reno and SACK,”
IEEE/ACM Transactions on Networking, vol. 11, no. 6, pp. 959-971,
December 2003.

Debessay F. Kassaobtained the BSc in Mathematics from the University
of Asmara, Eritrea and the BSc (Honours) in Computer Science from the
Univesrity of Stellenbosch. He is currently an MSc student in Computer
Science at the University of Stellenbosch.


